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(57) Abstract: A parametric audio system having increased bandwidth for generating airborne audio signals with reduced distortion 
The parametric audio system includes a modulator (112) for modulating an ultrasonic carrier sienal with » ZZl^Z ia- • ^ 
a driver amplifier (1 18) for amplifying the modulated carrier signal, and an arrTof^ 

modulated and amplified carrier signal through the air along a selected projecZ ^^^^£TSSi £ 
acous ,c transducers m the array (122) is a membrane-type transducer (Fig. 2a and 2b). Further, the acousti Z ducer Say < 5 
.s a phased array capable of electronically steering, focusing, or shaping one or more audio beams array (12-) 
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TITLE OF THE INVENTION 
PARAMETRIC AUDIO SYSTEM 

CROSS REFERENCE TO RELATED APPLICATIONS 
This application is a continuation-in-part application 

of prior U.S. Patent Application Number 09/300,022 filed 

April 27, 1999 entitled PARAMETRIC AUDIO SYSTEM. 

This application claims priority of U.S. Provisional 

Patent Application Number 60/176,140 filed January 14, 2000 

entitled PARAMETRIC AUDIO SYSTEM. 

STATEMENT REGARDING FEDERALLY SPONSORED RESEARCH OR 

DEVELOPMENT 
N/A 

BACKGROUND OF THE INVENTION 

The present invention relates generally to parametric 
audio systems for generating airborne audio signals, and 
more specifically to such parametric audio systems that 
include arrays of wide bandwidth membrane-type transducers. 

Parametric audio systems are known that employ arrays 
of acoustic transducers for projecting ultrasonic carrier 
signals modulated with audio signals through the air for 
subsequent regeneration of the audio signals along a path of 
projection. A conventional parametric audio system includes 
a modulator for modulating an ultrasonic carrier signal with 
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an audio signal, at least one driver amplifier for 
amplifying the modulated carrier signal, and one or more 
acoustic transducers for directing the modulated and 
amplified carrier signal through the air along a selected 
projection path. Each of the acoustic transducers in the 
array is typically a piezoelectric transducer. Further, 
because of the non-linear propagation characteristics of the 
air, the projected ultrasonic signal is demodulated as it 
passes through the air, thereby regenerating the audio 
signal along the selected projection path. 

One drawback of the above-described conventional 
parametric audio system is that the piezoelectric 
transducers used therewith typically have .a narrow 
bandwidth, e.g., 2-5 kHz. As a result, it is difficult to 
minimize distortion in the regenerated audio signals. 
Further, because the level of the audible sound generated by . 
such parametric audio systems is proportional to the surface 
area of the acoustic transducer, it is generally desirable 
to maximize the effective surface area of the acoustic 
transducer array. However, because the" typical 

piezoelectric transducer has a diameter of only about 0.25 
inches, it is often necessary to include hundreds or 
thousands of such piezoelectric transducers in the acoustic 
transducer array to achieve an optimal acoustic transducer 
surface area, thereby significantly increasing the cost of 
manufacture. 

Another drawback of the conventional parametric audio 
system is that the ultrasonic signal is typically directed 
along the selected projection path by a mechanical steering 
device. This allows the sound to be positioned dynamically 
or interactively, as controlled by a computer system. 



WO 01/52437 



-3- 



PCT/US01/01268 



However, such mechanical steering devices are frequently 
expensive, bulky, inconvenient, and limited. 

It would therefore be desirable to have a parametric 
audio system configured to generate airborne audio signals. 
Such a parametric audio system would provide increased 
bandwidth and reduced distortion in an implementation that 
is less costly to manufacture. • 

BRIEF SUMMARY OF THE INVENTION 
In accordance with the present invention, a parametric 
audio, system is provided that has increased bandwidth for 
generating airborne audio signals with reduced distortion. 
In one embodiment, the parametric audio system includes a 
modulator for modulating an ultrasonic carrier signal with 
at least one processed audio signal, at least one driver 
amplifier for amplifying the modulated carrier signal, and 
an array of acoustic transducers for projecting the 
modulated and amplified carrier signal through the air for 
subsequent regeneration of the audio signal along a selected 
projection path. Each of the acoustic transducers in the 
array is a membrane-type transducer. In a preferred 
embodiment, the membrane-type transducer is a Sell-type 
electrostatic transducer that includes a conductive membrane 
and an adjacent conductive backplate. . In an alternative 
embodiment, the Sell-type electrostatic transducer includes 
a conductive membrane, an adjacent insulative backplate, and 
an electrode disposed on the side of the insulative 
backplate opposite the conductive membrane. The backplate 
preferably has a plurality of depressions formed on a 
surface thereof near the conductive membrane. The 
depressions in the backplate surface are suitably formed to 
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set the center frequency of the membrane-type transducer, 
and to allow sufficient bandwidth to reproduce a nonlinearly 
inverted ultrasonic signal. Further, the driver amplifier 
includes an inductor coupled to the capacitive load of the 
membrane-type transducer to form a resonant circuit. in a 
preferred embodiment, the center frequency of the membrane- 
type transducer, the resonance frequency of the resonant 
circuit formed by the driver amplifier coupled to the 
membrane-type transducer, and the frequency of the 
ultrasonic carrier signal are equal to the same value of at 
least 45 kHz. The array of acoustic transducers is arranged 
in one or more dimensions and is capable of electronically 
steering at least one audio beam along the selected 
projection path. In one embodiment, the acoustic transducer 
array has a one-dimensional arrangement and is capable of 
electronically steering at least one audio beam in one (1) 
angular direction. In another embodiment, the acoustic 
transducer array has a two-dimensional arrangement and is 
capable of electronically steering at least one audio beam 
in two (2) angular directions. In a preferred embodiment, 
the acoustic transducer array is a one-dimensional linear 
array that steers, focuses, or shapes at least one audio 
beam in one (1) angular direction by distributing a 
predetermined time delay across the acoustic transducers of 
the array. 

Other features, functions, and aspects of the invention 
will be evident from the Detailed Description of the 
Invention that follows. 
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BRIEF DESCRIPTION OF THE SEVERAL VIEWS OF THE DRAWING 
The invention will be more fully understood with 
reference to the following Detailed Description of the 
Invention in conjunction with the drawings of which': 

Fig. 1 is a block diagram of a parametric audio system 
in accordance with the present invention; 

Fig. 2a is a simplified plan view of an array of 
acoustic transducers included in the parametric audio system 
of Fig. 1; 

Fig. 2b is a cross-sectional view of the acoustic 
transducer array of Fig. 2a; 

Fig. 3 is a simplified, exploded perspective view of 
the acoustic transducer array of Fig. 2b; 

Fig. 4 is a schematic diagram of a driver amplifier 
circuit included in the parametric audio system of Fig. 1; ■ 

Fig. 5 is a partial block diagram of an adaptive 
parametric audio system in accordance with the present 
invention; 

Figs. 6a and 6b depict, respectively, the frequency- 
dependent decay of ultrasonic signals through the atmosphere 
and the result of correcting for this phenomenon; and 

Fig. 7 is. a cross-sectional view of an alternative 
embodiment of the acoustic transducer array of Fig. 2a. 

DETAILED DESCRIPTION OF THE INVENTION 
U.S. Patent Application No. 09/300,022 filed April 27, 

1999 is incorporated herein by reference. 

U.S. Provisional Patent Application No. 60/176,14.0 

filed January 14, 2000 is incorporated herein by reference. 
Methods and apparatus are disclosed for directing 

ultrasonic beams modulated with audio signals through the 
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air for subsequent regeneration of the audio signals along 
selected paths of projection. The presently disclosed 
invention directs such modulated ultrasonic beams through 
the air by way of a parametric audio system configured to 
provide increased bandwidth and reduced distortion in an 
implementation that is less costly to manufacture. 

Fig. 1 depicts a block diagram of an illustrative 
embodiment of a parametric audio system 100 according to the 
present invention. In the illustrated embodiment, the 
parametric audio system 100 includes an acoustic transducer 
array 122 comprising a plurality of acoustic transducers 
arranged in a one, two, or three-dimensional configuration. 
The acoustic transducers of the array are driven by a signal 
generator 101, which includes an ultrasonic carrier signal 
generator 114 and one (1) or more audio signal sources 102- 
104. Optional signal conditioning circuits 106-108 receive 
respective audio signals generated by the audio signal 
sources 102-104, and provide conditioned audio signals to a 
summer 110. It is noted that such conditioning of the audio 
signals may alternatively be performed after the audio 
signals are summed by the summer 110. In either case, the 
conditioning typically comprises a nonlinear inversion that 
is necessary to reduce or eliminate distortion in the 
reproduced audio and generally expands the need for 
ultrasonic bandwidth. The conditioning may additionally 
comprise standard audio production routines such as 
equalization (of audio) and compression. A modulator 112 
receives a composite audio signal from the summer 110 and an 
ultrasonic carrier signal from the carrier generator 114, 
and modulates the ultrasonic carrier signal with the 
composite audio signal. The modulator 112 is preferably 
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adjustable in order to vary the modulation index. Amplitude 
modulation by multiplication with a carrier is preferred, 
but because the ultimate goal of such modulation is to 
convert audio-band signals into ultrasound, any form of 
modulation that can have that result may be used. 

In a preferred embodiment, the modulator 112 provides 
the modulated carrier signal to a matching filter 116, which 
is configured to compensate for the generally non-flat 
frequency response of the driver amplifier 118 and the 
acoustic transducer array 122. The matching filter 116 
provides the modulated carrier signal to at least one driver 
amplifier 118, which in turn provides an amplified version 
of the modulated carrier signal to at least a portion of the 
plurality of acoustic transducers of the acoustic transducer 
array 122. The driver amplifier 118 may include a delay 
circuit 120 that applies a relative phase shift across all 
frequencies of the modulated carrier signal in order to 
steer, focus, or shape the ultrasonic beam provided at the 
output of the acoustic transducer array 122. The ultrasonic 
beam, which comprises the high intensity ultrasonic carrier 
signal amplitude-modulated with the composite audio signal, 
is demodulated on passage through the air due to the non- 
linear propagation characteristics of the propagation medium 
to generate audible sound. It is noted that the audible 
sound generated by way of this non-linear parametric process 
is approximately proportional to the square of the 
modulation envelope. Accordingly, to reduce distortion in 
the audible sound, the signal conditioners 106-108 
preferably include nonlinear inversion circuitry for 
inverting the distortion that would otherwise result in the 
audible signal. For most signals, this inversion 
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approximates taking a square root of the signal, after 
appropriate offset. Further, to increase the level of the 
audible sound, the acoustic transducer array 122 is 
preferably configured to maximize the effective surface area 
of the plurality of acoustic transducers. 

The frequency of the carrier signal generated by the 
ultrasonic carrier signal generator 114 is preferably on the 
order of 45 kHz or higher, and more preferably on the order 
of 55 kHz or higher. Because the audio signals generated by 
the audio signal sources 102-104 typically have a maximum 
frequency of about 20 kHz, the lowest frequency components 
of substantial intensity according to the strength of the 
audio signal in the modulated ultrasonic carrier signal have 
a frequency of about 25-35 kHz or higher. Such frequencies 
are typically above the audible range of hearing of human 
beings. 

Fig. 2a' depicts a simplified plan view of an 
illustrative embodiment of the acoustic transducer array 122 
included in the parametric audio system 100 (see Fig. 1). 
As described above, the acoustic transducer array 122 
includes a plurality of acoustic transducers arranged in a 
configuration having one or more dimensions." Accordingly, 
the exemplary acoustic transducer array 122 includes a 
plurality of acoustic transducers 0-11 (shown in phantom) 
arranged in a one -dimensional configuration. Each of the 
acoustic transducers 0-11 comprises a capacitor transducer, 
and more particularly a membrane-type transducer such as a 
membrane-type PVDF transducer, a membrane-type electret 
transducer, or a membrane-type electrostatic transducer. 
The membrane-type transducer has a loudness figure of merit, 
1, defined as 
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1 = (Area) •, (Amplitude) 2 , (i) 
in which "Area" is the area of the membrane -type transducer 
and "Amplitude" is the amplitude of the modulated ultrasonic 
carrier signal. The loudness figure of merit is preferably 
greater than (2.0 x 10 4 ) Pa 2 • in 2 , and more preferably 
greater than (4.5 x 10 5 ) Pa 2 • in 2 . In the illustrated 
embodiment, each of the acoustic transducers 0-11 has a 
generally rectangular shape to facilitate close packing in 
the one-dimensional configuration. It should be understood 
that other geometrical shapes and configurations of the 
acoustic transducers may be employed. For example, the 
acoustic transducers may be suitably shaped for arrangement 
in an annular configuration. 

Fig. 2b depicts a cross-sectional view of the acoustic 
transducer array 122 of Fig. 2a. As mentioned above, the 
acoustic transducers 0-11 are membrane-type transducers. In 
a preferred embodiment, each of the acoustic transducers 0- 
11 is a Sell-type electrostatic transducer. Accordingly, 
the acoustic transducer array 122 includes an electrically 
conductive, membrane 202 that is conductive on at least one 
side, which opposes an adjacent backplate electrode 204. 
For example, the membrane 202 may comprise a kapton membrane 
with one-sided metalization. Further, a surface 204a of the 
backplate electrode 204 is interrupted by a plurality of 
rectangular grooves of varying depth to form the acoustic 
transducers 0-11. In the exemplary embodiment, the acoustic 
transducer array 122 includes suitable structure, e.g., a 
leaf spring (not shown), for forcing the membrane 202 
against the surface 204a of the backplate electrode 204. 
Thus, the acoustic transducer array 122 includes the 
plurality of acoustic transducers 0-11 as defined by the 
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membrane 202 and respective edges of the plurality of 
rectangular grooves. In an alternative embodiment, the 
acoustic transducer array 122 may include the conductive 
membrane 202, a conductive electrode (not shown), and an 
insulative backplate (not shown) having a surface 
interrupted by a plurality of rectangular grooves and 
disposed between the membrane 202 and the electrode. 

The bandwidth of the acoustic transducer array 122 is 
preferably on the order of 5 kHz or higher, and more 
preferably on the order of 10 kHz or higher as enhanced by 
the matching filter 116. Further, by suitably setting the 
depth of the grooves forming the acoustic transducers 0-11, 
the frequency response of the acoustic transducer array 122 
can be set to satisfy the requirements of the target 
application. For example, the center frequency of the 
acoustic transducer array 122 may be made lower by 
increasing the depth of the grooves, and bandwidth can be 
extended by varying the groove depths about the transducer. 
The center frequency of the acoustic transducer array 122 is 
also affected by, e.g., the tension of the membrane 202 and 
the width of the grooves, as described in co-pending U.S.. 
Patent Application No. 09/300,200 filed April 27, 1999 
entitled ULTRASONIC TRANSDUCERS, which is incorporated 
herein by reference. In a preferred embodiment , the center 
frequency of the acoustic transducer array 122 and the 
frequency of the carrier signal generated by the ultrasonic 
carrier signal generator 114 are equal to the same value of 
at least 45 kHz. 

Those of ordinary skill in the art will appreciate that 
the time-varying ultrasonic carrier signal provided to the 
acoustic transducers 0-11 of the array 122 generates a 
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varying electric field between the conductive membrane 202 
and the backplate electrode 204 that deflects the membrane 
202 into and out of the depressions formed in the surface 
204a of the backplate electrode 204 by the plurality of 
rectangular grooves. In this way, the ultrasonic carrier 
signal causes the membrane 202 to vibrate at a rate 
corresponding to the frequency of the electric field, 
thereby causing the acoustic transducer array 122 to 
generate sound waves. 

Fig. 3 depicts a simplified, exploded perspective view 
of the acoustic transducer array 122 included in the 
parametric audio system 100 (see Fig. 1). As shown in Fig. 
3, the acoustic transducer array 122 includes the conductive 
membrane 202 and the backplate electrode 204. Because each 
of the acoustic transducers 0-11 is preferably a Sell-type 
electrostatic transducer that may require a DC bias applied 
thereto, a DC bias source 306 (e.g., 150 V DC ) is connected 
across the conductive membrane 202 and the backplate 
electrode 204. The DC bias source 306 increases the 
sensitivity of the acoustic transducer array 122 and reduces 
•ultrasonic distortion in the sonic beam generated by the 
acoustic transducer array 122. The DC bias may 

alternatively be provided by the internal charge of a 
component of the transducer, preferably the membrane, in the 
form of an electret. Fig. 3 further depicts an AC source 
304 serially connected to the DC bias source 306 that 
generates a time-varying signal representative of the 
modulated ultrasonic carrier signal provided to the acoustic 
transducer array 122 by the driver amplifier 118. 

Moreover, Fig. 3 depicts an optional dielectric spacer 
302 disposed between the conductive membrane 202 and the 
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backplate electrode 204. In one embodiment, the dielectric 
spacer 302 is configured to fill the depressions formed in 
the surface 204a (see Fig. 2b) of the backplate electrode 
204 by the plurality of rectangular grooves. For example 
the dielectric spacer 302 may be provided to increase the 
electric field formed between the backplate electrode 204 
and the conductive membrane 202, thereby generating an 
increased amount of force on the membrane 202 and enhancing 
the performance of the acoustic transducer array 122. m 
another embodiment, an acoustic horn (not shown) is 
operatively disposed near the membrane 202 to provide for 
improved impedance matching between the acoustic transducer 
array 122 and the air, and/or to vary the distribution of 
ultrasonic beams projected along the selected projection 
paths. 

Fig. 4 depicts a schematic diagram of the driver 
amplifier 118 (see Fig. 1.) including the delay circuit 120 
(see Fig. 1). It is understood that the driver amplifier 
118 may be suitably configured for driving either a portion 
or all of the acoustic transducers 0-11 included in the 
acoustic transducer array 122. it is also noted that a 
respective delay circuit 120 is preferably provided for each 
one of the acoustic transducers 0-11. Fig . 4 shows the 
driver amplifier 118 driving only the acoustic transducer 0 
for clarity of discussion. 

As shown in Fig. 4, the delay circuit 120 receives the 
modulated carrier signal from the matching filter 116 (see 
Fig. 1), applies a relative phase shift to the modulated 
carrier signal for steering/focusing/shaping the ultrasonic 
beam generated by the acoustic transducer array 122, and 
provides the modulated carrier signal to an amplifier 404 
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The primary winding of a step-up transformer 406 receives 
the output of the amplifier 404, and the secondary winding 
of the transformer 406 provides a stepped-up voltage (e.g., 
200-300 V P -p) to the series combination of the acoustic 
transducer 0, a resistor 408, and a blocking capacitor 410. 
The resistor 408 provides a measure of damping to broaden 
the frequency response of the driver amplifier 118-. 
Further, a DC bias is applied to the acoustic transducer 0 
from a DC bias source 402 by way of an isolating inductor 
412 and a resistor 414. The capacitor 410 has relatively 
low impedance and the inductor 412 has relatively high 
impedance at the operating frequency of the driver amplifier 
118. Accordingly, these components typically have no effect 
on the operation of the circuit except to isolate the AC and 
DC portions of the- circuit from each other. For example, 
the impact of the blocking capacitor 410 on the electrical 
resonance properties of the driver amplifier 118 may be 
reduced if the capacitor 410 has a value that is 
significantly greater than the capacitance of the acoustic 
transducer 0. The capacitance of the blocking capacitor 41.0 
may also be used to tune the capacitance of the acoustic 
transducer 0, thereby tailoring the resonance properties of 
the driver amplifier 118. In an alternative embodiment, the 
inductor 412' may be replaced by a very large resistor value. 
It is noted that the blocking capacitor 410 may be omitted 
when the DC bias is provided by an electret. 

As explained above, the matching filter 116 (see Fig. 
1). may be provided just before the driver amplifier 118 to 
compensate for the generally non-flat frequency response of 
the driver amplifier 118 and the acoustic transducer array 
122. It is noted that the matching filter 116 may be 
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omitted when the combination of the driver amplifier 118 and 
the acoustic transducer 0 provides a relatively flat 
frequency response. In a preferred embodiment, the matching 
filter 116 is configured to perform the function of a band- 
stop filter for essentially inverting the band-pass nature 
of the driver amplifier 118 and the acoustic transducer 0. 
It is further noted that the frequency response of the 
combination of the driver amplifier 118 and the acoustic 
transducer 0 is preferably either consistent so that the 
matching filter 116 can be reliably reproduced, or 
measurable so that the matching filter 116 can be tuned 
during manufacture or in the field. m an alternative 
embodiment, the matching filter 116 is provided before the 
modulator 112 (see Fig. 1) with suitable frequency mapping. 
Such an alternative embodiment may be employed for digital 
implementations of the parametric audio system 100 (see Fig 
1). ' " ' 

In a preferred embodiment, the secondary winding of the 
transformer 406 is configured to resonate with the 
capacitance of the acoustic transducer 0 at the center 
frequency of the acoustic transducer 0, e.g., 45 kHz or 
higher. This effectively, steps-up the voltage across the 
acoustic transducer and provides a highly efficient coupling 
of the power from the driver amplifier 118 to the acoustic 
transducer. Without the resonant circuit formed by the 
secondary winding of the transformer 406 and the acoustic 
transducer capacitance, the power required to drive the 
parametric audio system 100 is very high, i.e., on the order 
of hundreds of watts. With the resonant circuit, the power 
requirement reduction corresponds to the Q-factor of 
resonance. It is noted that in the illustrated embodiment, 
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the capacitive load of the acoustic transducer functions as 
a "charge reflector". In effect, charge "reflects" from the 
acoustic transducer when the transducer, is. driven and is 
"caught" by the secondary winding of the transformer 406 to 
be reused. The electrical resonance frequency of the driver 
amplifier 118, the center frequency of the acoustic 
transducer 0, and the ultrasonic carrier frequency 
preferably have the same frequency value. 

It should be understood that the transformer 406 may 
alternatively be provided with a relatively low secondary 
inductance, and an inductor (not shown) may be added in 
series with the acoustic transducer 0 to provide the desired 
electrical resonance frequency. Further, if the transformer. 
406 has an inductance that is too large to provide the 
desired resonance, then the effective inductance may be 
suitably reduced by connecting an inductor in parallel with 
the secondary winding. It is noted that the cost as well as 
the physical size and weight of the driver amplifier 118 may 
be reduced by suitably configuring the secondary inductance 
of the transformer 406. It is further noted that an 
acoustic transducer array having acoustic transducers with 
different center frequencies may be driven by a plurality of 
driver amplifiers tuned to the respective center 
frequencies . 

As described above, the delay circuit 120 (see Fig. 1) 
applies a relative phase shift across all frequencies of the 
modulated carrier signal so as to steer, focus, or shape 
ultrasonic beams generated by the acoustic transducer array 
122. The acoustic transducer array 122, particularly the 
one-dimensional acoustic transducer array 122 of Fig. 2a, is 
therefore well suited for use as a phased array. Such 
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phased arrays may be employed for electronically steering 
audio beams toward desired locations along selected 
projection paths, without requiring mechanical motion of the 
acoustic transducer array 122. Further, the phased array 
may be used to vary audio beam characteristics such as the 
beam width, focus, and spread. still further, the phased 
array may be used to generate a frequency-dependent beam 
distribution, in which modulated ultrasonic beams with 
different frequencies propagate through- the air along " 
different projection paths. Moreover, a suitably controlled 
Phased array may transmit multiple ultrasonic beams 
simultaneously so that multiple audible beams are generated 
in the desired directions. 

Specifically, the acoustic transducer array 122 is 
configured to operate as a phased array by manipulating the 
phase relationships between the acoustic transducers 
included therein to obtain a desired interference pattern in 
the ultrasonic field. For example, the one-dimensional 
acoustic transducer array 122 (see Fig. 2a) may manipulate 
the phase relationships between the acoustic transducers 0- 
11 by way of the delay circuit 120 (see Fig. 1, so that 
• constructive interference of ultrasonic beams occurs in one 
direction. As a result, the one-dimensional acoustic 
transducer array 122 steers the modulated ultrasonic beam in 
that direction electronically. For example, a rich, 
flexible audio scene of many dynamic sound objects may be 
generated by changing the direction of the modulated 
ultrasonic beam in this manner in real-time (e.g., via a 
computerized beam steering control device 124, see Fig. l) . 

In a preferred embodiment, the delay circuit 120 (see 
Fig. 1) linearly distributes a predetermined time delay 
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across the acoustic transducers 0-11 (see Fig. 2a) , the 
slope of which is proportional to the sine of the steering 
angle, 0. In a preferred embodiment, the delay circuit 120 
applies a time delay, d, defined as 1 

d = (x • sin(9))/c, {2 ) 
in which Y is the distance from one of the acoustic 
transducers 0-11 and the location of the acoustic transducer 
0 in the array 122, and M c" is the speed of sound. 

This phased array technique can be used to produce 
arbitrary interference patterns in the ultrasound field and 
therefore arbitrary distributions of regenerated audio 
signals, much like holographic reconstruction of light. 
Although this technique can be used for electronically 
steering, focusing, or shaping a single modulated ultrasonic 
beam by way of the acoustic transducer array 122 (see Fig. 
2a), it is noted that it may also be used to create a sonic 
environment containing multiple, arbitrarily shaped and 
distributed audible sound sources. 

The efficiency of demodulation of the ultrasonic beam 
to provide audible sound is a direct function of the 
absorption rate of the ultrasound and therefore the 
atmospheric conditions such as temperature and/or humidity. 
For this reason, the parametric audio system 100 preferably 
includes a temperature/humidity control device 130 (see Fig. 
1) . For example, the temperature/humidity control device 
130 may include a thermostatically controlled cooler, or a 
dehumidifier that maintains desired atmospheric conditions 
along the path traversed by the ultrasonic beam. In 
general, at ultrasonic frequencies, it is desirable to 
provide cooler, dry air to minimize absorption and maximize 
performance. Other agents such as stage smoke may also be 
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injected into the air to increase the efficiency of 
demodulation. 

Fig. 5 depicts an adaptive parametric audio system 500, 
which is a preferred embodiment of the parametric audio 
system 100 (see Fig. 1). As shown in Fig. 5, an audio 
signal source 502 provides an audio signal to a peak level 
detector 505, and the audio signal and the output of the 
peak level detector 505 are provided to a summer 510. A 
square root circuit 506 receives the sum of the audio signal 
and the peak level detector 505 output from the summer 510. 
As described above, the square root of the audio signal is 
preferably taken before the signal is provided to the 
modulator so as to reduce distortion in the audible sound. 
In the adaptive parametric audio system 500, the square root 
circuit 506 in combination with the peak level detector 505 
is configured to perform a nonlinear inversion of the audio 
signal to reduce the audible distortion. in alternative 
embodiments, the square root function performed by the 
circuit 506 may be replaced by a suitable polynomial, a 
lookup table, or a spline curve. The square root circuit 
506 provides the square root of the sum of the audio signal 
and the peak level detector 505 output to a modulator 512, 
which modulates an ultrasonic carrier signal provided by a 
carrier generator 514 with the composite signal. The 
modulated carrier is then provided to a matching filter 516, 
and the output of the matching filter 516 is applied to' an 
amplifier 517 before passing to the driver circuit 118 (see 
Fig. 1) . 

The adaptive parametric audio . system 500 generates an 
audible secondary beam of sound by transmitting into the air 
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a modulated, inaudible, primary ultrasonic beam. For a 
primary beam defined as 

Pi(t) = PiE(t)sin(o e t), ( 3 ) 

in which *P a " is the carrier amplitude and n a> c " is the 

carrier frequency, a reasonable reproduction of an audio 
signal, g(t), is obtained when 

E(t) = (1 + tfmg(t)dt 2 )*, ( 4) 
in which "m" is the modulation depth and xx g(t)" is 
normalized to a peak value of unity. The resulting audible 
secondary beam may be expressed as 

p 2 (t) oc P! 2 (d 2 E 2 (t)/dt 2 ) (5) 
P2(t) oc Pi 2 mg(t) 
P2(t) oc g(t), 

in which the symbol "oc" represents the phrase "approximately 
proportional to" . 

The adaptive parametric audio system 500 controls both 
the modulation depth and the overall primary signal 
amplitude, P x , to (1) maximize the modulation depth (while 
keeping it at or below a target value, e.g., 1), (2) 
maintain an audible level corresponding to the level of the 
audio signal, g(t), by appropriately adjusting P X/ and (3) 
ensure that when there is no audio signal present, there .is 
little or no ultrasound present. The parametric audio 
system 500 is configured to perform these functions by 
measuring the peak level, L(t), of the integrated (i.e., 
equalized) audio signal, and synthesizing the transmitted 
primary beam, p' (t), defined as 

P'(t) = Px(L(t) + mJJgftJdtVsinfact), (6) 
in which w L(t)" is the output of the peak level detector 505 
and the sum «L(t) + mj/gajdt 2 " is the output of the summer 
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510. The square root of the sum "L(t) + mj/g(t)dt 2 " is 
provided at the output of the square root circuit 506, and 
the multiplication by "P lS in (tD c t)" is provided by the 
modulator 512. 

Atmospheric demodulation of the modulated ultrasonic 
signal results in an audio signal, p' 2 (t), which may be 
expressed as 

p' 2 (t) oc d 2 E 2 (t)/dt 2 (7) 
p' 2 (t) oc d 2 (L(t) + mj/g(t)dt 2 )/dt 2 
p' 2 (t) oc d 2 L(t)/dt 2 + mg(t) . 
The signal «p' 2 (t)" includes the desired audio signal, 
mg(t), and a residual term involving the peak detection 
signal, L(t). In the illustrated embodiment, the peak level 
detector 505 is provided with a short time constant for 
increases in g(t) peak, and a slow decay (i.e., a long time 
constant) for decreases in g(t) peak. This reduces the 
audible distortion in the first term of equation (6) (i.e., 
d 2 L(t)/dt 2 ), and shifts it to relatively low frequencies. 

To reduce the possibility of exceeding an allowable 
ultrasound exposure, a ranging unit 540 is provided for 
determining the distance to the nearest listener and 
appropriately adjusting the output of the adaptive 
parametric audio system 500 by way of the amplifier 517. 
For example, the ranging unit 540 may comprise an ultrasonic 
ranging system, in which the modulated ultrasound beam is 
augmented with a ranging pulse. The ranging unit 540 
detects the return of the pulse, and estimates the distance 
to the nearest object by measuring the time between the 
pulse's transmission and return. 

To further reduce audible distortion, the modulator 512 
provides the modulated carrier signal to the matching filter 
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516, which adjusts the signal amplitude in proportion to the 
expected amount of decay at an assumed or actual distance 
from the acoustic transducer array 122 (see Fig. l) . 
Consequently, the curves representing the frequency- 
dependent decay of the ultrasonic signal through the 
atmosphere (see Fig. 6a) are brought closer together, as 
depicted in Fig. 6b (with the greatest power boost being 
applied to the highest frequency, f«) . Although the overall 
rate of decay is unchanged, the decay -of the ultrasonic 
signal is not nearly as frequency dependent and therefore 
audibly distortive. 

The correction introduced by the matching filter 516 
may be further refined by employing a temperature/humidity 
sensor 530, which provides a signal to the matching filter 
516 that can be used to establish an equalization profile 
according to known atmospheric absorption equations. Such 
equalization is useful over a relatively wide range of 
distances until the above-mentioned curves diverge once 
again (see Fig. 6B) . In such cases, the correction may be 
improved by using beam geometry, phased array focusing, or 
any other technique to change the amplitude distribution 
along the length of the beam so as to compensate more 
precisely for absorption-related decay. 

As described above, the presently disclosed parametric 
audio system reduces distortion in airborne audio signals by 
way of, e.g., nonlinear inversion of the audio signals and 
filtering of the modulated ultrasonic carrier signal. It 
should be understood that such reductions in audible 
distortion are most effectively achieved with an acoustic 
transducer, driver amplifier, and equalizer system that is 
capable of reproducing a relatively wide bandwidth. 
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Fig. 7 depicts a cross-sectional view of an acoustic 
transducer array 622/ which is a preferred embodiment of the 
acoustic transducer array 122 (see Figs. 2a and 2b). The 
acoustic transducer array 622 is configured to provide a 
relatively wide bandwidth, e.g., on the order of 5 kHz or 
higher. Like the acoustic transducers 0-11 included in the 
acoustic transducer array 122, each of the acoustic 
transducers 0-11 of the acoustic transducer array 622 is 
preferably a Sell-type electrostatic transducer. 
Accordingly, the acoustic transducer array 622 includes an 
electrically conductive membrane 602 disposed near an 
adjacent backplate electrode 604. Further, a surface 604a 
of the backplate electrode 604 is interrupted by a plurality 
of rectangular grooves to form the acoustic transducers 0- 
11. Thus, the acoustic transducer array 622 includes the 
plurality of acoustic transducers 0-11 as defined by the 
membrane 602 and respective edges of the plurality of 
rectangular grooves. 

In this preferred embodiment, the grooves corresponding 
to the acoustic transducers 0, 2, 4, 6, 8, and 10 are deeper 
than the grooves corresponding to the acoustic transducers 
1/ 3, 5, 7, 9, and 11. The acoustic transducers 0, 2, 4, 6, 
8, and 10 therefore have a lower center frequency than 'the 
acoustic transducers 1, 3, 5, 7, 9, and 11. it is noted 
that the use of uniform groove depths absent the matching 
filter is not recommended as it tends to reduce bandwidth 
owing very high resonance. The respective center 

frequencies are sufficiently spaced apart to provide the 
relatively wide bandwidth of at least 5 kHz. The backplate 
electrode 604 comprises a surface roughness 605 to provide 
damping and increase the bandwidth of the acoustic 
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transducer array 622. Moreover, the membrane 602 may be 
configured with internal damping and/or another membrane or 
material (e.g., a piece of cloth; not shown) may be disposed 
near the membrane 602 to provide damping and further 
increase the bandwidth of the acoustic transducer array 622. 

The foregoing acoustic transducer array configuration 
is easily manufactured using commonly available stamped or 
etched materials and therefore has a low cost. Further, 
components of the driver amplifier 118 (see Fig. 1) may be 
placed directly on a portion of the same substrate used to 
form the backplate electrode 204 (see Fig. 2b). The 
acoustic transducer array configuration is also light in 
weight and can be flexible for easy deployment, focusing, 
and/or steering of the array. It will also be appreciated 
that geometries, particularly the depths of the rectangular 
grooves formed in the backplate electrode 204, may vary so 
that the center frequencies of the individual acoustic 
transducers 0-11 span a desired frequency range, thereby 
broadening the overall response of the acoustic transducer 
array 122 as compared with that of a single acoustic 
transducer or an acoustic transducer array having a single 
center frequency. 

It will further be appreciated by those of ordinary 
skill in the art that modifications to and variations of the 
above-described parametric audio system may be made without 
departing from the inventive concepts disclosed herein. 
Accordingly, the invention should not be viewed as limited 
except as by the scope and spirit of the appended claims. 
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CLAIMS 

What is claimed is: 

1. A parametric audio system for generating at least one 
airborne audio beam, comprising: 

at least one audio signal source configured to provide 
at least one audio signal; 

a modulator configured to receive a first signal 
representative of the audio signal and to convert the first 
signal into ultrasonic frequencies; and 

an acoustic transducer array including at least one 
acoustic transducer, the array being configured to receive 
the converted first signal and to project the converted 
first signal through the air along a selected path, thereby 
regenerating the audio signal along at least a portion of 
the selected path, 

wherein the acoustic transducer array has a bandwidth 
greater than 5 kHz. 

2. The parametric audio system of claim 1 wherein each 
acoustic transducer is a membrane-type transducer. 

3. The parametric audio system of claim 2 wherein the 
membrane-type transducer is a Sell-type electrostatic 
transducer. 



4. The parametric audio system of claim 2 wherein the 
membrane-type transducer further .includes a conductive 
membrane, a backplate electrode, and a DC bias source 
between the conductive membrane and the backplate electrode. 
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5. The parametric . audio system of claim 4 further 
including 

at least one driver amplifier coupled between the 
modulator and the acoustic transducer array and configured 
to receive the converted first signal and to generate an 
amplified signal representative of the converted first 
signal, and 

a blocking capacitor coupled between the driver 
amplifier and the acoustic transducer array and configured 
to block the DC bias from the driver amplifier. 

6. The parametric audio system of claim 4 further 
including 

at least one driver amplifier coupled between the 
modulator and the acoustic transducer array and configured 
to receive the converted first signal and to generate an 
amplified signal representative of the converted first 
signal, and 

a first component coupled between the acoustic 
transducer array and the DC bias source and configured "to 
block the amplified signal from the DC bias source. 

7. The parametric audio system of claim 4 wherein the DC 
bias source is provided by an embedded charge. 

.8. The parametric audio system of claim 3 wherein the 
Sell-type electrostatic transducer includes a conductive 
membrane, a backplate electrode, and a dielectric spacer 
disposed between the conductive membrane and the backplate 
electrode. 
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9. The parametric audio system of claim 2 wherein the 
membrane-type transducer is a Sell-type electrostatic 
transducer including a conductive membrane, an electrode, 
and an insulative backplate disposed between the conductive 
membrane and the electrode. 

10. The parametric audio system of 'claim 1 further 
including a circuit configured to perform nonlinear 
inversion of the audio signal to generate the first signal. 

11. The. parametric audio system of claim 1 further 
including 

at least one driver amplifier coupled between the 
modulator and the acoustic transducer array and configured 
to receive the converted first signal and to generate an 
amplified signal representative of the converted first 
signal, and 

a matching filter configured to compensate for a non- 
flat frequency response of the combination of the acoustic 
transducer array and the driver amplifier. 

12. The parametric audio system of claim 1 

wherein the at least one acoustic transducer comprises 
a membrane-type transducer, 

wherein the membrane-type transducer has a loudness 
figure of merit, 1, defined according to the expression 1 = 
(Area) • (Amplitude) 2 , and 

wherein "Area" is the area of the membrane-type 
transducer and "Amplitude" is the amplitude of the modulated 
carrier signal. 
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13. The parametric audio system of claim 12 wherein «l" i s 
greater than (2.0 x 10 4 ) Pa 2 • in 2 . 

14. The parametric audio system of claim 12 wherein "1" is 
greater than (4.5 x 10 s ) p a 2 • in 2 . 

15. A parametric audio system for generating at least one 
airborne audio beam, comprising: 

at least one audio signal source configured to provide 
at least one audio signal; 

a modulator configured to receive a first signal 
representative of the audio signal and to modulate an 
ultrasonic carrier signal with the first signal; 

at least one driver amplifier configured to receive the 
modulated carrier signal and to generate an amplified signal 
representative of the modulated carrier signal; and 

an acoustic transducer array including at least one 
acoustic transducer, the array being configured to receive 
the modulated carrier signal and to project the modulated 
carrier signal through the air along a selected path, 
thereby demodulating the modulated carrier signal to 
regenerate the audio signal along at least a portion of the 
selected path, 

wherein the driver amplifier includes an inductor 
coupled to a capacitive load of the acoustic transducer 
array to form a resonant circuit having a resonance 
frequency approximately equal to the frequency of the 
ultrasonic carrier signal. 
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16. The parametric audio system of claim 15 wherein the 
frequency of the ultrasonic carrier signal is greater than 
or equal to 45 kHz. 

17. The parametric audio system of claim 15 wherein the 
frequency of the ultrasonic carrier signal is greater than 
or equal to 55 kHz. 

18. The parametric audio system of claim 15 wherein the 
driver amplifier further includes a damping resistor coupled 
between the inductor and the capacitive load of the acoustic 
transducer array. 

19. The parametric audio system of claim 15 wherein the 
driver amplifier further includes a step-up transformer and 
the inductor is provided by. the step-up transformer. 

20. A parametric audio system for generating at least one 
airborne audio beam, comprising: 

at least one audio signal source configured to provide 
at least one audio signal; 

a modulator configured to receive at least one first 
signal representative of the audio signal and to convert the 
at least one first signal into ultrasonic frequencies; 

at least one driver amplifier configured to receive the 
at least one converted first signal and to generate at least, 
one amplified signal representative of the converted first 
signal; 

an acoustic transducer array including a plurality of 
acoustic transducers, the array being configured to receive 
the at least one converted first signal and to project the 
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converted first signal through the air for subsequent 
regeneration of the audio signal; and 

a delay circuit configured to apply at least one 
predetermined time delay to the at least one converted first 
signal. 

21. The parametric audio system of claim 20 wherein the 
delay circuit is configured to apply the at least one 
predetermined time delay to the at least one converted first 
signal to steer the converted first signal through the air 
along at least one path by the acoustic transducer array. 

22. The parametric audio system of claim 20 wherein the 
acoustic transducer array further includes a membrane 
disposed along an adjacent backplate, the backplate 
including a plurality of depressions formed on a surface 
thereof, and each acoustic transducer being defined by the 
membrane and one or more of the depressions. 

23. The parametric audio system of claim 22 wherein the 
dimensions of the respective depressions are set to 
determine the center frequency and the bandwidth of the 
respective acoustic transducers. 

24. The parametric audio system of claim 20 wherein the 
delay circuit is configured to apply a predetermined time 
delay, d, according to the expression d = (x . sin(9))/ c , 
wherein »x" is the distance from a datum to a respective 
acoustic transducer and «c" is the speed of sound. 

25. An acoustic transducer array, comprising: 
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a backplate including a surface and a plurality of 
respective depressions of varying dimensions formed on the 
surface; and 

a membrane adjacently disposed along the backplate, 
wherein the membrane and at least one of the plurality 

of respective depressions define at least one acoustic 

transducer, and 

wherein the dimensions of the respective depressions 
are set to determine the center frequency and the bandwidth 
of the at least one acoustic transducer. 

26. The acoustic transducer array of claim 25 wherein the 
acoustic transducer array has a bandwidth greater than 5 
kHz. 
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